I. INTRODUCTION
The sensitivity of a microphone can be defined in terms of the sound field in which it is immersed. Uniform pressure conditions imply that the membrane of the microphone is exposed to a uniform sound pressure, for example, in a small coupler. Under free-field conditions, a plane wave impinges on the body of the microphone and the response of the microphone depends on the scattering caused by the rigid surfaces of the microphone and its radiation impedance. Finally, under ideal diffuse-field conditions, an infinite number of incoherent plane waves coming from random directions and having random phases and amplitudes impinges on the microphone; thus the diffuse-field sensitivity is the response of the microphone in a "perfectly diffuse sound field," an unrealizable, idealized concept that corresponds to an average over an infinite ensemble of realizations of sound fields composed of infinitely many plane waves with random phases arriving from all directions. 1 Although such a sound field can be approximated in reverberation rooms, another quantity, the random-incidence sensitivity, is used conventionally as an equivalent to the diffuse-field sensitivity. The randomincidence sensitivity is the incoherent combination of the responses of the microphone at all possible directions. In practice this quantity is determined by averaging the response of the microphone to waves coming sequentially from all directions. 2 Today practically all microphones are calibrated using pressure-field methods, although more than 90% of all microphones are used under diffuse-field or free-field conditions. The diffuse-field sensitivity of a microphone is in practice determined from its measured pressure sensitivity using empirical corrections that depend on the type and geometry of the microphone. 3 The disadvantage of this method is that it gives rise to long delays when new transducers are introduced because it takes time for such corrections to be recognized internationally. Another problem is that some transducers, e.g., microelectromechanical system ͑MEMS͒ microphones, simply cannot be pressure calibrated.
The reciprocity technique for microphone calibration under pressure-field conditions in closed couplers was introduced in the 1940s, [4] [5] [6] [7] and has since then been developed to a level of very high accuracy. The reciprocity technique yields the absolute sensitivity, and thus it is used in primary calibration. 8 The free-field reciprocity technique was also introduced in the 1940s, 6,7 but it took much longer time to develop this method to a high level of accuracy, 9 partly because of the extreme difference in signal levels ͑if the transmitter microphone is driven with 10 V the response from the receiver microphone will typically be less than 1 V͒ and partly because anechoic rooms in practice are less than perfect combined with the fact that reflections have a serious a͒ Portions of this work were presented in "An investigation of microphone calibration in a diffuse sound field," Proceedings of Inter-Noise 2007, Istanbul, Turkey, August 2007. influence. More recently, time-selective techniques based on advanced signal processing have been developed. 10 Application of the time-selective techniques implies the possibility of doing free-field calibrations under nonanechoic conditions. Only a little has been published on diffuse-field calibration of microphones. [11] [12] [13] The only fundamental studies were published about 40 years ago, 11, 12 and no standard for diffuse-field calibration of microphones has ever been developed, undoubtedly because diffuse-field reciprocity calibration of microphones is even more difficult than free-field reciprocity calibration.
The random-incidence sensitivity is conventionally determined from a pressure calibration combined with a random-incidence correction that is based on the free-field correction and an additional correction for nonaxial sound incidence, where the latter is obtained from relative measurements of the frequency response of the microphone in a free field when a succession of sound waves impinges on the microphone from all directions. 2, 14, 15 Alternatively, it could be determined from a free-field calibration combined with the correction for nonaxial incidence. However, direct, absolute diffuse-field calibration would shorten the measurement chain. The purpose of this investigation is to establish a setup for reciprocity calibration of condenser microphones under diffuse-field conditions, to examine the sound field statistics, and to demonstrate that diffuse-field reciprocity calibration is possible with high precision. The investigated issues are ͑i͒ measurement of the transfer function between microphones in a reverberation room, ͑ii͒ separation of the direct and the reverberant responses using a time-selective technique, ͑iii͒ calculation of the diffuse-field sensitivity of laboratory standard ͑LS͒ microphones, ͑iv͒ averaging of the resulting sensitivity over frequency and space, and ͑v͒ validation of the diffuse-field response using a random-incidence estimate.
II. THE DIFFUSE-FIELD SENSITIVITY
Formally, the diffuse-field sensitivity is defined as follows: "for a sinusoidal signal of a given frequency in a diffuse sound field and for given environmental conditions, the quotient of the open-circuit voltage of the microphone by the sound pressure that would exist at the position of the acoustic center of the microphone in the absence of the microphone." 16 However, a sinusoidal signal inevitably implies an interference field with large spatial variations of the sound pressure level, in obvious disagreement with the concept of a perfectly diffuse sound field. 1,17-19 Diestel 11 and Nakajima 12 tacitly used a far more reasonable definition that, in fact, corresponds to the ensemble average of realizations of such interference fields, in other words, to the randomincidence sensitivity.
The electrical transfer impedance between two microphones in a diffuse field is 11 12 , ͑1͒
where u 2 is the open-circuit voltage on the terminals of the receiver microphone, i 1 is the current through the terminals of the transmitter microphone, M d,1 and M d,2 are the diffuse-field sensitivities of microphones 1 and 2, respectively, and J d, 12 is the reciprocity factor. The reciprocity factor, which follows from the relation between sound power emitted by the transmitter microphone and the resulting mean-square pressure in the reverberation room, 11 is
where V is the volume of the reverberation room, c is the speed of sound, T 60 is the Sabine reverberation time, f is the frequency, and 0 is the density of air. If a third microphone is coupled sequentially with microphones 1 and 2, then the absolute diffuse-field sensitivities of the three microphones can be determined by solving three equations that contain the three products of sensitivity. For instance, the diffuse-field sensitivity of microphone 1 can be obtained from 23 . ͑3͒
Similar equations can be derived for microphones 2 and 3. A further simplification can be made if the reciprocity factor can be considered to be the same in the three measurements. Note, however, that the air absorption and thus the reverberation time, the speed of sound, and the density of air might change because of changes in the environmental conditions. Finally, the diffuse-field correction C d can be defined as the logarithmic ratio of the diffuse-field sensitivity to the pressure sensitivity,
where M p is the pressure sensitivity determined by reciprocity calibration ͑or from the electrostatic actuator response and the low-frequency sensitivity from a piston-phone cali-bration͒. This quantity will be compared with the randomincidence correction. It should be added that the sound power emitted by a pure tone source in a reverberation room varies significantly with the position of the source and with the frequency at low frequencies, 20, 21 from which it follows that Eq. ͑2͒ is only valid on average: source position averaging is needed.
III. REALIZATION OF A DIFFUSE SOUND FIELD
It is a normal practice in pressure and free-field reciprocity calibration that the signals used are pure sinusoidal tones. This is particularly appropriate in free-field calibration because the signal-to-noise ratio is best using such a signal. In pressure calibration, signal levels are not the most important issue because the small cavities used normally give good signal-to-noise ratios. In principle, it is also possible to use pure tones in a reverberation room. The sound field in the room will be the product of a large number of interferences between reflected waves. This sound field has well defined statistical characteristics that make it possible to estimate, e.g., the spatial variation of the sound pressure in such a sound field. Above the Schroeder frequency, 22 the meansquare pressure in a reverberant sound field generated by a pure tone, p 2 , may be regarded as a stochastic process which is a random function of the frequency 22,23 and a random function of the position. 18, 19 Both functions have an exponential distribution. The normalized variance of the exponential distribution, that is, the ratio of the variance to the square of the mean, 2 ͑p 2 ͒ / E 2 ͑p 2 ͒, equals 1. This implies that the variations of the sound pressure with position and with frequency are very large.
The electrical transfer impedance is directly proportional to the sound pressure impinging on the receiver microphone. Thus, the resulting sensitivity will have similar statistical properties as the sound field generated by a pure tone source. On the other hand, if the reverberant response is to be separated from the total response, the length of the impulse response that corresponds to the measured transfer impedance as a function of the frequency must include the whole reverberant response. This requires a very fine sampling in the frequency domain that would make the application of sequential pure tone measurements prohibitively time consuming. A suitable solution is to use pseudorandom noise instead. Because of the fact that pseudorandom noise is a multitone signal, the resulting sound field will, at any frequency, have the same characteristics as the sound field generated by a pure tone. Therefore the use of pseudorandom noise reduces the measurement time dramatically. However, any signal processing technique capable of determining a sufficiently long impulse response will do; one might, for example, use frequency sweeps. 24
A. Spatial averaging
In general, the variance of the average of a random variable, in this case the mean-square pressure ͑or the meansquare sensitivity͒ averaged over n positions in the room, r i , is given by
If the positions represent independent samples of the stochastic process ͑which means that they should be spaced at least by half a wavelength 25, 26 ͒ the second term on the right side of Eq. ͑5͒ vanishes, and the resulting variance is inversely proportional to the number of positions. It follows that the standard deviation will decrease with the inverse of the square root of n. Considering that the normalized variance of an exponential distribution is equal to 1, it follows that it is necessary to average over a very large number of independent positions if a small variance of the spatial average is required.
B. Frequency averaging
In the same way as with the spatial averaging, the variance of the mean-square pressure over a number of adjacent frequencies will decrease with the inverse of the number of independent samples. The frequency separation between independent samples depends on the losses of the room. The separation should satisfy 23
The mean-square pressure is also exponentially distributed when regarded as a function of the frequency. Therefore it is necessary to average over a large number of independent frequencies in order to obtain a small variance of the frequency average. With averaging over a wide band of width B the variance is reduced by a factor of BT 60 log e / 3 Ϸ BT 60 / 6.9. 19, 27 
IV. EXPERIMENTAL SETUP

A. Realizing the diffuse field
If the measurements are carried out in a large reverberation room, the sound pressure level generated by the transmitter microphone will be low and it will be necessary to use very long microphone cables, which may have an adverse effect on the signal-to-noise ratio. Therefore, the measurements were carried out in a miniature reverberation room ͓a scale model ͑1:5͒ of the reverberation rooms at DTU͔. The reverberation chamber has a volume of approximately 2 m 3 ; see Fig. 1 . The reverberation time of the room was measured in one-twelfth octave bands with a Brüel & Kjaer ͑B&K͒ PULSE analyzer using the conventional interrupted noise method and averaging over repeated decays ͑five decays at five positions͒. The reverberation time and the associated spatial standard deviation are presented in Fig. 2 . The Schroeder frequency of the room was estimated to be about 1 kHz. This is perfectly adequate for microphone calibration because the difference between the diffuse-field sensitivity and the pressure sensitivity of a microphone is very small below 1 kHz.
B. Measurement system
The measurement setup was composed of a B&K reciprocity apparatus of type 5998, a microphone amplifier B&K type NEXUS model 2690, and a B&K PULSE multichannel analyzer. The receiver microphone was connected to a pre- amplifier with a 20 dB built-in amplifier. The influence of the load of the preamplifier was eliminated using the conventional insert voltage technique. 8 The preamplifiers were attached to cylindrical rods of the same diameter as the microphones and sufficiently long to approximate semi-infinite cylinders in the frequency range of concern. Figure 3 shows a block diagram of the measurement setup. The ratio of receiver-transmitter output voltages was measured with fast Fourier transform ͑FFT͒ analysis using synchronized pseu-dorandom noise. Determination of the impulse response requires a fine frequency sampling of the frequency response. Thus, it was necessary to measure the frequency response in frequency steps of ⌬f = 0.5 Hz. In order to cover the entire frequency range with such fine resolution sequential "zoom FFT" measurements were carried out. Each zoom had a bandwidth of 3.2 kHz and 6400 frequency lines.
C. Separation of the reverberant response
The separation of the direct and reverberant response can be carried out using a time-selective procedure very similar to the one described in Ref. 10 . The procedure applied in this case was as follows: ͑a͒ The transfer function between the signals of two microphones was measured; ͑b͒ at low and high frequencies this frequency response was taken smoothly to zero by applying a bandpass filter; ͑c͒ an inverse discrete Fourier transform was calculated; ͑d͒ a timeselective window was applied to the resulting impulse response in order to separate the direct and the reverberant response; and ͑e͒ a discrete Fourier transform was applied to the reverberant part of the impulse response. The transfer function in ͑a͒ was measured using the procedure and parameters described in the previous subsection. The bandpass filter used in ͑b͒ had roll-off frequencies of 2 and 23 kHz. The time-selective window used in ͑d͒ was a Tukey window with a length of 1.99 s, and the percentage of the smoothing portion at the ends of the window was of 0.1% of the length of the window. The Tukey window was selected because it does not modify the impulse response beyond the smoothing at the ends of the window; the window starts at 0.002 s. In this way, the reverberant impulse response was separated from the direct response. Figure 4 shows the transfer impedance between two 1 in. laboratory standard ͑LS1͒ microphones measured at two different sets of positions in the reverberant room: in one case the microphones were face to face at a distance of 24 cm from each other, and in the other case the microphones had arbitrary orientations and were placed at a distance of approximately 60 cm from each other.
V. EXPERIMENTAL RESULTS
The fluctuations of the frequency response shown in Fig.  4͑a͒ start to decrease significantly above 10 kHz when the microphones face each other at a short distance. This is a consequence of the high ratio of the direct field to the reverberant field in this frequency range, and this can be expected because LS1 microphones are highly directional. By contrast the fluctuations of the transfer impedance between the microphones oriented at arbitrary directions do not decrease at high frequencies. The impulse responses shown in Figs. 4͑c͒ and 4͑d͒ confirm this interpretation; in Fig. 4͑c͒ the direct impulse response is much larger than the reverberant response whereas in Fig. 4͑d͒ the two responses are of similar amplitude. Finally, the separated reverberant responses shown in Figs. 4͑e͒ and 4͑f͒ were determined using the procedure described above. As can be seen, the reverberant responses are very similar for the two cases under consideration. This indicates that it is possible to measure at any position in the reverberation chamber and to separate the reverberant response from the direct sound or early reflections, leaving only the reverberant part to be used for further analysis.
The next step is to calculate the diffuse-field sensitivity from the reverberant response. Figure 5 shows the diffusefield sensitivity of an LS1 microphone. The calculated sensitivity, which complies with the definition in Ref. 16 , fluctuates dramatically with the frequency. These fluctuations are a consequence of the realization of the sound field and not a property of the microphone itself. Thus, in order to reduce the fluctuations to an acceptable level the sensitivity must be averaged over different positions in the chamber and over frequency. It was also mentioned in Sec. II that the reciprocity factor is only valid on average. According to Eq. ͑5͒ one would have to average over about 1850 independent positions in the reverberation chamber in order to reduce the measured with different configurations in the reverberation chamber. Graphs in the left column display data obtained from measurements of the transfer function with the microphones face to face at a distance of 24 cm from each other; graphs in the right column display data obtained from measurements of the transfer function with the microphones oriented at arbitrary directions and at approximately 60 cm from each other. Graphs ͑a͒ and ͑b͒ show the measured ratios of voltages, graphs ͑c͒ and ͑d͒ are the impulse responses, and graphs ͑e͒ and ͑f͒ are the reverberant ratios of voltages. standard deviation of the mean-square sensitivity to 0.1 dB. This is prohibitive, not only from a practical point of view but also because there simply are not so many independent positions in the chamber. This leads to the conclusion that frequency averaging is also needed.
Before proceeding, it should be decided whether the averaging should be made before or after the calculation of the sensitivity. Averaging after the sensitivity is calculated ͑as in Fig. 5͒ requires that the fine structure of the transfer impedance is exactly the same for the three microphone combinations; thus the ratio R = Z ij Z ik / Z jk should be similar to the three transfer impedances. However, this may not always be the case; differences between the transfer impedances' "fine structure" may occur because of temperature changes and small random positioning errors that cannot easily be avoided when manual positioning is used. A more robust approach is to do the averaging over frequency of each squared transfer impedance before the ratio R is calculated. This is the approach adopted here. Figure 6 shows the spatial average and the normalized variance of the squared modulus of the transfer impedance between microphones 1 and 2, determined from measurements at 4, 9, and 16 different positions in the reverberation chamber. Although the fluctuations decrease visibly when the number of averages increases, it is still clear that a much larger number of measurements at independent positions in the chamber would be required if a smoother realization of the final diffuse-field sensitivity is required. The value of the normalized variance oscillates around 1. This is consistent with the assumption that the squared transfer impedance is proportional to the mean-square pressure and therefore has an exponential distribution. Figure 7 shows the results of averaging the diffuse-field sensitivity of an LS1 microphone measured at 16 random pairs of positions in the reverberation room over frequency. For each configuration the three squared transfer impedances are averaged over frequency bands with a width of 1 kHz, as described above. It can be seen that the fluctuations disappear almost completely. However, there are still differences between the sensitivities obtained from different microphone positions in the reverberation room. In addition to the uncertainty due to the variation with position of the sound power output of the transmitter microphone, 20,21 these differences might be caused, e.g., by changes of the environmental conditions during the measurements. However, the most important factor is undoubtedly the variability of the sound field itself. The spatial averaging will reduce the standard deviation by a factor of ͱ n ͓see Eq. ͑5͔͒, and the frequency averaging will reduce it in inverse proportion to ͱ BT 60 , as mentioned above. Finally, Figs. 8 and 9 show the average diffuse-field correction of three LS1 microphones and three LS2 ͑0.5 in.͒ microphones, respectively. The correction has been determined from the diffuse-field sensitivity averaged both over frequency and 16 sets of microphone positions in the reverberation chamber. The estimate of the diffuse-field correction is compared with estimates of the random-incidence correction from Ref. 15 and a numerical calculation determined using the boundary element method ͑BEM͒. The velocity distributions of the membranes of LS1 and LS2 microphones used in the BEM calculations were measured using a laser vibrometer.
One cannot trust the diffuse-field results for LS1 microphones below 3 kHz; this is due to the time-selective procedure applied for separating the free-field and diffuse responses, and more specifically because of the roll-off frequencies of the passband filter used in the time-selective procedure. This is a step that could easily be improved by designing a filter with different roll-off frequencies. Above the lower roll-off frequency the agreement between the three estimates is within 0.1 dB below the resonance frequency ͑about 8 kHz for LS1 microphones and 18 kHz for LS2 mi-crophones͒. Around and above the resonance frequency the agreement is still reasonably good, about 0.3 dB, but some systematic deviations occur, especially in the case of LS2 microphones. The BEM calculations agree slightly better with the diffuse-field measurements than with the randomincidence measurements. Introducing small, systematic errors in the angle of incidence in the BEM calculations indicates that the random-incidence sensitivities at high frequencies may have been underestimated because of a systematic error in the incidence angle in the anechoic room, and this is a likely explanation for the observed deviations. Nevertheless, the overall agreement is fair, and the good agreement confirms that the diffuse-field and the randomincidence corrections are equivalent when the definition of the diffuse-field sensitivity in Ref. 16 is interpreted as an ensemble average of realizations of reverberant interference fields. Figures 8 and 9 also show the spatial standard deviations of the diffuse-field sensitivities ͑in decibels͒ and values predicted from the expression
follows from an expression derived by Lubman 19 and Schroeder 27 for the spatial variance of the mean-square pressure averaged over a frequency band combined with the fact that the diffuse-field sensitivity is proportional to the fourth root of the frequency averaged meansquare pressure; cf. Eq. ͑3͒. The measured standard deviations are in good agreement with the predictions.
VI. CONCLUSIONS
The definition of the diffuse-field sensitivity given in Ref. 16 leads to dramatic fluctuations with the frequency and must be combined with spatial averaging and frequency smoothing. The diffuse-field sensitivities of LS1 and LS2 microphones have been determined in a small reverberation The thick solid line is the average diffuse-field correction, the dash-dotted line is the random-incidence correction from Ref. 15 , the line with circular markers is the random-incidence correction calculated using the boundary element method, the line with square markers is the measured spatial standard deviation of the diffuse-field correction, and the line with star markers is the predicted spatial standard deviation of the diffuse-field sensitivity. . ͑Color online͒ Diffuse-field correction of LS2 microphones. The thick solid line is the average diffuse-field correction, the dash-dotted line is the random-incidence correction from Ref. 15 , the line with circular markers is the random-incidence correction calculated using the boundary element method, the line with square markers is the measured spatial standard deviation of the diffuse-field correction, and the line with star markers is the predicted spatial standard deviation of the diffuse-field sensitivity. chamber using the reciprocity technique. The experimental procedure requires ͑i͒ measurement of the electrical transfer impedance between two microphones, ͑ii͒ a time-selective procedure to separate the direct sound field from the reverberant sound field, and ͑iii͒ averaging of the resulting diffuse-field sensitivity both spatially and in the frequency domain. The resulting diffuse-field sensitivity has been found to agree satisfactorily with the random-incidence sensitivity and with the results of BEM calculations based on measured membrane velocity distributions.
The main advantage of determining the diffuse-field sensitivity using reciprocity compared with determining the random-incidence correction is that the former provides a direct, absolute estimate whereas the random-incidence correction is determined from a relative measurement. It is also worth mentioning that measurement of the random-incidence sensitivity requires facilities that are not always available, such as an anechoic room, and such measurements can be very time consuming if a high accuracy is wanted.
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